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SUMMARY 

The performance of up to eight video p. cm. codecs in 
tandem, each employing 8 bits per sample, has been examined 
by means of subjective tests and objective measurements. In the 
subjective tests, a sampling frequency of 12 MHz was employed 
for coding System I (625-line, 5.5 MHz) PAL colour and 
monochrome video signals. Conclusions are given regarding the 
minimum sampling frequency, number of bits per sample, 
specifications of video low-pass filters and coding accuracy- 
required for video p.c.m. codecs handling broadcast-quality 
video signals. 
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1 . Introduction 

The introduction of digital equipment into 
basically analogue TV studios has already resulted 
in the tandem connection of relatively large 
numbers of video p.c.m. codecs!. The number of 
codecs in tandem is likely to increase for some 
years before digital paths start to replace analogue 
interconnections between digital equipments. Thus 
it is becoming increasingly important to determine 
what picture-quality degradation is caused by 
multiple codecs. 

This Report gives the results of subjective tests 
concerning the effect of passing System I (625-line, 
5.5 MHz bandwidth) PAL colour and mono- 
chrome video signals through up to eight p.c.m. 
codecs in tandem, each codec employing 8 bits per 
sample and a line-locked sampling frequency of 
12 MHz. 

The sampling frequency of 12 MHz was 
chosen because, at the time of the tests described in 
this Report, it was the EBU proposed frequency 
for sampling the luminance component in a YUV 
system. Although a higher sampling frequency of 
13.5 MHz has now been adopted, the forms of 
picture impairment introduced by codecs with 
sampling at 12 MHz are still relevant and in many 
respects they will not be affected by the change to 
13.5 MHz. (See Section 8.) 

A further point to be noted regarding samp- 
ling frequencies is that a line-locked frequency of 
12 MHz was used for coding composite PAL 
signals whereas most existing digital equipment 
handling PAL signals uses a subcarrier- locked 
frequency of 3/ sc (13.3 MHz) or 4/ sc (17.7 MHz) 
where / sc = colour subcarrier frequency. It is 
possible, however, that as more digital equipment 
handling YUV signals is introduced using a line- 
locked sampling frequency, there may be an 
increasing use of the YUV line-locked frequency 
for coding PAL signals. Since previous work had 
indicated that the picture impairment caused by 
instrumental imperfections in codecs is more no- 

tln this Report. Ihe terms "video codec" or "codec" refer to a 
combination of a video analogue-to-digilal converter (ADC) and a 
video digital-to-analogue converter (DAC). 



ticeable with line-locked than with subcarrier- 
locked sampling frequencies, line-locked sampling 
of PAL signals was employed in the tests in order 
to examine the most critical conditions which may 
occur in future equipment. 

Work concerning the effect of passing NTSC 
video signals through up to 10 codecs in tandem 
has been performed by other workers 1 . Apart from 
the use of NTSC colour signals instead of PAL and 
monochrome signals, this previous work differed 
from the work described in this report in that (a) 
the sampling frequency was locked to the NTSC 
colour subcarrier and (b) the effect of multiple 
codecs was obtained by repeatedly passing the 
video signal through one codec via a two-picture 
store. 

In addition to giving the results of subjective 
tests on codecs in tandem, this Report also gives 
the results of objective measurements of the 
performance of these codecs. 

A photograph of the eight ADC and DAC 
units used in the tests is shown in Fig. 1. (Later 
versions of these units occupy one half the rack 
width of those shown in this Figure.) Commercially 
available integrated circuits were used to perform 
the A/D and D/A conversion processes. Although 
the use of these integrated circuits eliminated the 




Fig. I — Photograph of the eight ADC and DAC units 
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requirement for adjustments to the actual conver- 
sion circuitry, careful design and accurate align- 
ment was still required for associated analogue 
processing operations. Particular attention was 
given to the design of the necessary video low-pass 
filtert and black level stabilisation circuits; both 
these processes are normally used as little as 
possible in a television network to avoid the 
possibility of consequent picture impairment. The 
requirements of these circuits are discussed prior to 
the description of the work performed on complete 
codecs. 



2. Video low pass filters characteristics 

For a video bandwidth of to 5.5 MHz, a 
sampling frequency of 12 MHz is only 9% above 
the Nyquist limit and therefore analogue filters 
with a fast rate of cut-ofT are required before and 
after each codec in order to avoid picture impair- 
ments caused by alias components. However, the 
practical problems of achieving accurate group 
delay equalisation of filters escalate rapidly as the 
rate of cut-oflf increases. Thus a compromise is 
required between the problems caused by alias 
components, group delay distortion, loss of wanted 
high-frequency signals and circuit complexity. 

Initial experiments with only one codec in- 
dicated that the optimum compromise between 
these various filter requirements would be achieved 
with filters having a loss at 6 MHz (i.e. half 
sampling frequency) of about 9dB. In order to 
investigate different compromises, two types of 
filter were constructed having losses at 6 MHz of 
6dB and 12 dB. These filters will be referred to as 
'-6dB" filters and "12dB ? ' filters. Both filters were 
based on 7th order Cauer attenuating networks. 
Group delay equalisation was provided by four all- 
pass sections in the 6dB filters and by five sections 
in the 12dB filters. 

In the eight codecs used in the subjective tests, 
four codecs contained two 6dB filters (one in the 
ADC and one in the DAC) and four codecs 
contained two 12dB filters. 

The amplitude and group delay versus 
frequency characteristics of both types of filter and 
of codecs in tandem are shown in Figs. 2 and 3. The 
frequency responses for 8 codecs include not only 
the effects of 16 filters, but also the usual sin*/* 
sampling loss and its equalisation in each codec, 
and the effect of 32 video amplifiers feeding into 

+ The co-operation of the British Telecom Research Centre at 
Martlesham in the design of low-pass h'UeTs is gratefully 
acknowledged 



low impedance. These results were achieved by 
careful design and construction and without any 
individual adjustments of the responses of separate 
codecs. 

Figs. 2 and 3 show that both the amplitude and 
group delay characteristics for 8 codecs have 
significant departures from flatness over the 
frequency range 5 to 5.5 MHz. It is possible to 
design filters of the same order of complexity which 
have a virtually flat amplitude/frequency response 
up to 5.5 MHz while maintaining the same attenu- 
ation at 6 MHz as the filters used in the tests, but 
such filters would have an increased group delay 
distortion. A flat group delay response up to 
5.5 MHz would require a considerable increase in 
circuit complexity. 

In addition to problems in obtaining a satis- 
factory response near the filter cut-off frequency, it 
was found that considerable care was required to 
achieve a flat response over the remainder of the 
filter pass-band, the main difficulty being to achieve 
satisfactory equalisation of a slope across the pass- 
band caused by resistive losses in the inductive 
components of the filter. 

Figs. 2 and 3 show that the errors in the 
amplitude and group delay responses of 8 codecs 
amounted to about +0.1 5 dB and ±30nsec 
respectively over the frequency range to 4.7 MHz. 
These errors correspond to only ±0.02dB and + 
4nsec per codec. Accuracy of this order is likely to 
be very difficult to achieve in other than laboratory 
conditions but significantly larger frequency re- 
sponse errors are likely to cause noticeable picture 
impairment after 8 codecs in tandem. Indeed, the 
examples given below with reference to Figs. 4 and 
5 suggest that it is desirable that even tighter 
tolerances relative to the response at MHz should 
be adhered to at low video frequencies (e.g. below 
about 1 MHz); tighter tolerances are also desirable 
near subcarrier frequency relative to 0MHz where 
composite signals are being encoded. 

The effect on pulse and bar waveforms of low- 
frequency errors in filter responses is illustrated in 
Figs. 4 and 5. Fig. 4 shows the overall response of 
the 8 codecs in tandem. The most noticeable 
distortion in this Figure is an upward slope on the 
top of the bar waveform and at the bottom of the 
synchronising pulses. This distortion corresponds 
to a boost at frequencies below about 0.25 MHz of 
only 0.01 dB per filter assuming all 16 filters were 
identical. Figs. 5(a) and (b) show the effect of a 
deliberate misalignment in the low-frequency 
group delay response of one 6dB filter. The 
magnitude of the group delay error at MHz 
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(a) One '6 dB' filter, 
lb) One '12 dB' filter. 

(c) Eight codecs. 

(d) Short circuit. 



ui 



Fig. 2 — Amplitude frequency responses. Horiz. scale: Markers at 0.5 MHz intervals. Vert, scale: Amplitude 

linearly related to vertical displacement but calibration in dBs 



relative to high frequencies was about 20nsec (see 
Figs. 5(c) and (d)), which would correspond to 
about 1 nsec per filter if it were equally divided 
between 16 niters. Thus both Figs. 4 and 5 
illustrate the requirement for very accurate align- 
ment of niters at low video frequencies. 

Returning now to the characteristics of filters 
near their cut-off frequency, Fig. 6 illustrates the 
relationship between the attenuation at half- 
sampling frequency and the magnitude of the ah as 
components caused by the sampling process in 
video codecs. The input video signal for this figure 
consisted of a 0-7 MHz line-sweep waveform and 
the sampling frequency was 12 MHz. 

Comparison of Figs. 6(a) and 6(b) shows that 
the "12dB" filters gave a significant reduction in 
alias components after one codec compared to the 
"6dB" filters. It should be noted, however, that 
alias components having frequencies above 6 MHz 
and resulting from wanted video components 
below 6 MHz would be removed at a later point in 
the video chain by the normal low-pass filtering 
present in current broadcast transmitters and they 
would also be attenuated significantly by the input 



filter in a following codec. This effect is illustrated 
in Fig. 6(c). 

Although further filtering after the DAC 
removes alias components generated by wanted 
components below 6 MHz, it does not have much 
effect on alias components generated by wanted 
components above 6 MHz. The magnitude of this 
latter type of alias component is mainly determined 
by the attenuation of the original video com- 
ponents above 6 MHz in the input filter in the first 
ADC or earlier in the video chain. 

A notable feature of both types of aliasing 
impairment mentioned above is that they normally 
diminish as the number of codecs in tandem 
increases; in other words, the single codec is the 
worst case. This effect can be seen by comparing 
Figs. 6(a) and 6(d). It can be shown theoretically 
that alias components at half sampling frequency 
always diminish as the number of codecs increases 
if the attenuation at half sampling frequency is 
greater than 3dB. (See Appendix, Section 11.1.) 

Fig. 7 illustrates the effect of alias components 
on a television display of a "zone plate" signal 
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(a) Four codecs including eight '6 dET filters. 

(b) Four codecs including eight '12 dB' filters. 

(c) Eight codecs, i.e. (a| + (b). 
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Fig. 3 — Group delay frequency responses. Horiz. scale: Markers at 0.5 MHz intervals. Vert, scale: IOOnsec 

per division 



obtained from a 35 mm slide scanner. Fig. 7(b) 
shows that the alias components generated in a 
codec employing 6dB filters produce visible low- 
frequency patterning on picture detail consisting of 
vertical, or near vertical, gratings with a horizontal 
frequency close to half-sampling-frequency, i.e. 
6 MHz. On the other hand, alias patterning is 
almost imperceptible in Fig. 7(c) which shows the 
output of a codec using the 12dB filters. It should 
be noted that the patterns appearing in Fig. 7{b) 
would become virtually imperceptible if the ampli- 
tude of the sinusoidal components in the "zone 
plate" signal were reduced by 6dB. This is because 
the low-frequency patterning is caused by inter- 
modulation of high-frequency wanted and alias 
components resulting from the non-linear charac- 
teristic of the display tube and the magnitude of the 
intermodulation products decreases rapidly as the 
amplitude of the wanted component decreases. 

In Fig, 7(c). a form of signal distortion 
introduced by the codec which is more noticeable 



than aliasing distortion is the dark vertical band 
along the vertical line indicated by the note on this 
Figure. This dark band is a ringing effect produced 
by the filters in the codec and is analogous to the 
ringing in the chrominance component of the 
colour bar waveforms shown in Fig. 8. 

Both Figs. 7 and 8 indicate that the 6dB filters 
caused less ringing distortion near rapid transitions 
in a high frequency video component than the 
l2dB filters. The superiority of the 6dB filter in 
this respect results from its lower rate of cut-off 
which reduces the group delay errors near the filter 
cut-off frequency; the peak magnitudes of this 
error were about SOnsec and 300nsec for the 6dB 
and l2dB filters respectively. With perfect group 
delay equalisation, symmetrical dark bands would 
appear along the lines marked "dark band" and 
"no dark band" in Fig. 7 but the magnitude of the 
ringing would be reduced thus reducing its overall 
visibility. A more detailed discussion of chromin- 
ance ringing has been given by Patel 2 . 



PH-231 



4 



-f£r 






5 »'. 








(a) Input 

(b) Ouput 



npuf I 
Duput / 



(c) I 

(d) Oupu 




iT luminance and 1 07"chrominance pulses 



Pulses as above + 25 /Usee bar. 



Fig. 4 — Pulse and bar response of eight codecs in tandem 




(a) Reponse of correctly aligned filter. 

(b) Response of incorrectly aligned filter. 

(c) Group delay/frequency response for (a). 

<d) Group delay /frequency response for (bl. 



Fig. 5 — Effect on pulse and bar response of error in the group delay correction in a '6 dB' filter. (Slightly 
low chrominance amplitude in (a) and (b) was caused by the waveform generator. 
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(a I 1 codec - '6 dB' filters. 

(b| 1 codec — '12 dB' filters. 

(c) 1 codec - '6 dB' filter + extra '6 dB' filter at output. 

(d) 4 codecs — '6 dB' filters. 



Fig. 6 -Responses of codecs to 0-7 MHz tine-sweep signal 



Fig. 9 shows that the 6dB filters also gave less 
ringing than the 12dB filters on either side of a 
short pulse in the luminance component of the 
video signal. 

A comparison of the relative visibilities of the 
ringing and alias distortions shown in Fig. 7 
indicates that the optimum attenuation at half 
sampling frequency for filters in a codec sampling 
5.5 MHz video signals at 12 MHz is probably about 
9dB. For higher sampling frequencies which allow 
the use of filters with a lower rate of cut-off, hence 
easing problems in group delay correction, a 
slightly greater attenuation at half-sampling 
frequency would be more suitable. However, there 
seems to be little reason for increasing this 
attenuation beyond 12 to l5dB A greater attenu- 
ation gives a negligible improvement in aliasing 
impairment and is more likely to result in un- 
desirable amplitude and/or group delay errors 
within the wanted video bandwidth and /or un- 
necessary filter complexity. A further important 
factor to be considered in decisions on the 
optimum attenuation at half sampling frequency is 
that amplitude and group delay errors in the pass- 
band increase while aliasing distortion decreases 
when the number of codecs is increased. 

The minimum stop-band attenuation of both 
types of filter used in the tests was greater than 
45 dB. This attenuation was found to be adequate 
for suppression of alias components other than 
those occurring near half-sampling frequencies 



which have been discussed above. 



3. Use of dither signals 

During initial testing of the codecs, it was 
found that the most disturbing impairment intro- 
duced by eight codecs in tandem was obtained on a 
display of a low-slope line-sawtooth signal pro- 
vided by a virtually noise-free waveform generator. 
The impairment arose when quantum levels in the 
video signal obtained from one codec were lying 
very close to the decision levels in a second 
(following) codec. Under these conditions, the 
output from the second codec tends to vary 
randomly on a line-by-line and field-by-field basis 
between two adjacent quantum levels, producing 
disturbing low-frequency noise effects. 

The use of a half-sampling-frequency dither 
signal- 1 in each codec reduced this form of noise by 
about 6dB and hence significantly reduced its 
visibility. This form of dither was used in all the 
formal subjective tests. The visibility of the low- 
frequency noise could be further reduced by the 
addition of a wide-bandwidth random noise com- 
ponent to the half-sampling-frequency dither 
signal. However, this random dither component 
caused a noticeable increase in quantising noise on 
normal pictures after eight codecs in tandem and 
was not used in the subjective tests. 

With video signals obtained from optical 
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Fig. 7 — Picture monitor displays of a ""zone plate" for 1 codec with sampling at 12 MHz 

(a) Input signal; full-screen display, (b) Ouput of codec using '6 dB' filters. 
(c) Output of codec using '12 dB' filters. (Inset area of (a).) 



devices, such as TV cameras and slide scanners, 
source noise and/or picture detail act as an effective 
dither signal; the half-sampling frequency dither 
signal then has no effect on picture quality at 
normal signal levels but is still useful during fading 
operations to black level. 



In addition to being useful for reducing the 
visibility of quantising errors occurring in the 
active picture area, dither was also found to be 
useful for reducing picture impairment caused by 
the clamp circuits employed in each ADC unit. 
This subject is discussed in Section 4. 
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Fig. 8 — Responses of codecs to 100% colour bar signal showing chrominance ringing caused by filters 

(a) Input signal, (b) Output of 8 codecs, (c) Output of 4 codecs using '6 dB' filters, (d) Output of 4 codecs using '1 2 dB' filters. 
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(a) One '6 dB' filter. 

(b) One '12dB' filter, 

(cl 4 codecs using *6 dB' filters. 

(d) 4 codecs using '1 2 dB' filters. 

(e) 8 codecs i.e. (el + Idt. 



M 



Fig. 9 — Response to a IT pulse (T= lOOnsec) showing luminance ringing caused by filters 



4. Effect of clamp circuits on picture 
quality 

Clamp (black level stabilisation) circuits are 
required in video ADC units in order to make 
optimum use of the available conversion range and 
to ensure that black level corresponds to a fixed 
digital code thus simplifying digital processing 
operations such as black level re-insertion in 
following circuitry. 

In the ADC units described in this report, the 
clamp circuits initially restored a step change in 
black level to a pre-determined level with a time 
constant of about 5 line-periods; this time constant 
gives a 20 dB attenuation of 50 Hz variations in 
black level. However, with eight of these clamp 
circuits in tandem, it was found that an appreciable 
amount of low-frequency noise, known as "clamp 
streaking", was introduced into the video signal. 

In order to reduce this clamp streaking, the 
clamp circuits were modified to have a time 
constant of about 30 line periods corresponding to 
a 6dB attention of any 50 Hz variations in black 
level. In addition, it was found to be desirable to 
add a colour burst to monochrome as well as 
composite colour signals and to add a half 
sampling frequency dither signal. The purpose of 
the colour burst and dither was to ensure that the 
quantising errors produced at black level by each 



codec were randomized so that the mean black 
level voltage measured during clamp pulses could 
be determined to a greater accuracy than + J LSBf 
in following codecs. Without this randomisation, 
disturbing clamp streaking effects occurred on 
some electronically generated monochrome test 
signals which had passed through two or more 
codecs in tandem. 

After these clamp modifications had been 
completed, clamp streaking effects were very dif- 
ficult to detect on the video signals used in the 
subjective tests described in Section 6. However 
with video signals having significantly higher noise 
levels during the line blanking intervals, the clamp 
streaking effects to be expected from the tandem 
connection of the clamp circuits without the 
intervening p.c.m. coding operations could be 
clearly seen. 

The responses of the clamp circuits in one 
codec and in eight codecs in tandem with a clamp 
time constant of 30 line-periods are shown in Fig. 
10. For this figure, the video signal supplied to the 
first codec consisted of a black level signal 
(synchronising pulses only) to which a square-wave 
signal with transitions at 8 msec intervals had been 
added. It can be seen that the response time of the 
eight clamp-circuits in tandem is much faster than 

+ LSB = least significant bit = 1/256 of the full conversion range for 
the 8-bit codecs in this Report. 
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Fig. 10— Response of clamp circuits to step 

changes in the DC level of a "black level" 

video signal. Horiz. scale:- 2 msec/cm. 

Vert, scale-.- 20 LSB/cm. 

(a) One clamp circuit, (b) 8 cfamp circuits, 



that of the individual clamp circuits. This effect, 
together with the accumulation of quantising noise 
in the video signal, causes far greater unwanted 
variations in black level after eight codecs than 
after a single codec. 

A better solution to the clamp problems 
discussed above would be to insert new noise-free 
line-blanking information in the DAC unit of each 
codec. This would prevent the accumulation of 
clamping errors in successive codecs assuming that 
no other noise was added to the video signal 
between codecs. This solution was not used in the 
codecs discussed in this Report because of the 
instrumental complexity involved but fortunately 
most video digital equipment used in broadcasting 
studios inserts new line-blanking information for 
other reasons. 



5. Measurements of codec non-linearities 

5.1. Signal-to-noise measurements 

Comparison of calculated values of the 
theoretical signal/quantising-noise ratio of an ideal 
codec with measured values of the signal/noise 
ratio of the output signal from a codec supplied 
with a noise-free video test signal gives a very 
useful guide to the uniformity of the spacing 
between quantum levels established in ADC and 
DAC units. In addition, other instrumental de- 
ficiencies such as timing irregularities in the 
sampling process can be detected if the test signal 
contains a high-frequency video component. 

To obtain a useful assessment of the perform- 
ance of a video codec by means of signal/noise 
ratio measurements, the video test signal employed 
should generate quantising noiset which is similar 

tin ihis Section, the term '"quantising noise (or errors)" is used to 
refer to any video-frequency components which are added lo a video 
signal as a result of the fundamentally non-linear quantisation process 
of an ideal codec or by other non-linear processes associated with 
instrumental deficiencies in a codec. Note thai alias components are 
not included in this definition. 



to that obtained with critical pictures. A test signal 
which has been found to be very satisfactory in 
most respects consists of unmodulated 4.43 MHz 
colour subcarrier added to a tine-frequency saw- 
tooth video signal as shown in Fig. 1 1 . This form of 
test signal was used for all the measurements on 
complete codecs discussed below, except where 
indicated otherwise. 

In addition to measurements on complete 
codecs, the quantising accuracy of DAC units on 
their own was measured using a digital source of 
data corresponding to the video signal shown in 
Fig. II, except that the sawtooth luminance 
component could not be produced by the par- 
ticular generator employed and was replaced by a 
constant luminance level. (The main function of 
this generator was to produce "zone plate" 
signals 4 .) 

Signal/quantising-noise ratios were measured 
by means of a standard analogue video noise 
meter, BBC type ME1M/503, which was preceded 
by a gating unit, type UNIM/638P, whose purpose 
was to remove video synchronising and blanking 
information. Within this equipment low-frequency 
video information was removed by a 0.25 MHz 
high-pass filter and the colour subcarrier com- 
ponent of the test signal was removed by a 3 MHz 
low-pass filter. 



colour 
subcarrier 



conversion 
range 




1 line-period 



Fig. 11 — Test signal for signaljuoise measurements 
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Fig. 12 — Signaljnoise measurements of one codec 
and one DAC versus colour subcarrier magnitude. 
Coding parameters: S bits/sample, 12 MHz sampling 

frequency 

(a) ADC + DAC; no sample and hold. 

lb) ADC + DAC; with sample and hold. 

(c) DAC alone; original deglitcher. 

(d) DAC alone; Improved de-glitcher. 

Measured values of signal/noise ratio are 
shown in Figs. 12, 13 and 14. In these Figures, 
signal/noise ratios are given relative to a signal 
magnitude of 140 LSB (8-bit), i.e. relative to the 
normal spacing between black and white levels 
when composite video signals are digitally encoded. 

Fig. 12 shows the measured signal/noise ratios 
obtained for a single codec and for a DAC unit 
alone at different amplitudes of the subcarrier in 
the test signal. Note that a colour subcarrier 
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Fig. 13 — Signal/noise ratios for one 10-bit DAC 

versus colour subcarrier magnitude. Sampling 

frequency = 12 MHz. (Pk-pk conversion 

range = 1024 LSB) 
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Fig. 14 — Signal-to-quantising-noise ratio versus 
sampling frequency for 4.43 MHz, 180 LSB pk-pk, 
video signal after one 8-bit codec. Noise measure- 
ment bandwidth: 0.25 MHz-3 MHz 

Theorectical S/N ratio. 

Measured S/N ratios: 
O O o No sample and hold in ADC 
x x x With sample and hold in ADC 

magnitude of 256 LSB pk-pk would just fill the full 
conversion range. The coding parameters for Fig. 
12 were 8 bits/sample with sampling at 12 MHz. 
For these parameters, the theoretical signal/noise 
ratio of an ideal codec is equal to 57.2dB assuming 
a noise measurement bandwidth of 2.75 MHz (see 
Appendix, Section 1 1.2). 

Curve (a) in Fig. 12 shows results obtained for 
one complete codec of the type used in the 
subjective tests described in Section 6. It can be 
seen that these results were quite close to the ideal 
value at low subcarrier amplitudes but a significant 
decrease to below the theoretical value for 7 
bits/sample (51.1 dB) was obtained at high sub- 
carrier amplitudes. After the subjective tests had 
been completed, investigations into possible im- 
provements in the codec performance included the 
addition of a sample-and-hold circuit in one of the 
ADC units, although the data sheet for the A/D 
integrated circuit stated that such a circuit was 
unnecessary. Curve (b) shows that this circuit gave 
a significant increase in signal/noise ratio for high 
amplitudes of the colour subcarrier and therefore 
its general use in ADC units of the type examined 
in this Report would give a worthwhile improve- 
ment in performance. 

Results of signal/noise ratio measurements 
obtained for a DAC unit alone supplied with the 
digitally generated test signal are given by curve (c) 
in Fig. 12. Curve (d) indicates a slight improvement 
in performance obtained after the subjective tests 
were completed as a result of a modification to the 
de-glitching circuit used in the DAC unit. (This 
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modification reduced slope-overload distortion in a 
buffer amplifier handling the sampled video signal 
prior to the video low-pass filter.) 

Comparison of the results given in Fig. 12 for 
a complete codec and for a DAC unit alone 
indicates that the instrumental imperfections in the 
DAC unit were somewhat smaller than imperfec- 
tions in the ADC unit. (Note that any comparison 
with an ideal codec should allow for measurement 
inaccuracies of the order of ±0.5dB.) 

A more accurate assessment of the perform- 
ance of the DAC unit was possible because both 
this unit and the generator supplying the digital 
test signal were capable of operating at 10 
bits/sample. In the first series of measurements on a 
10-bit DAC unit, the signal/noise ratios obtained at 
different amplitudes of subcarrier in the test signal 
were as shown by curve (aj in Fig. 13. This curve 
indicates that the quantising noise obtained for a 
peak-to-peak subcarrier amplitude equal to the full 
conversion range corresponded approximately to 
only 7 bits/sample. However, investigations re- 
vealed that a very small amount of timing jitter in 
the clock pulses fed from the digital generator was 
causing a substantial increase in the measured 
quantising noise. After this timing jitter had been 
reduced as far as possible, the improved results 
given by curve (b) in Fig. 1 3 were obtained. 

The magnitude of the noise introduced by 
clock pulse jitter is directly proportional to the 
frequency and to the amplitude of sinusoidal video 
signals, i.e. jitter has most effect on high-frequency, 
high-amplitude video signals. Both theoretical 
arguments (see Appendix 1 1.3) and practical mea- 
surements have indicated that random clock jitter 
with a peak-to-peak magnitude of 1 nsec will 
introduce about the same amount of noise as 8-bit 
quantisation when the video signal consists of 
colour subcarrier with a peak-to-peak magnitude 
equal to one half the conversion range. It can thus 
be seen that considerable care is required in digital 
video equipment in order to ensure that the timing 
jitter in clock pulses fed to DAC units (or ADC 
units) is kept to a very low level. 

Previous work on the subjective effect of clock 
jitter when a colour subcarrier is being digitally 
encoded is described in references [3] and [5]. 

Curve (c) in Fig. 13 shows a further improve- 
ment in coding accuracy achieved by the modified 
de-glitching circuit previously mentioned in con- 
nection with Fig. 12. 

Comparison of curves (a), (b) and (c) in Fig. 13 



shows that the use of high quality single chip D/A 
(or A/D) integrated circuits does not automatically 
ensure satisfactory p. cm. coding and decoding; 
considerable care is also required in the design of 
associated circuitry. 

Further measurements of signal/noise ratio 
were performed on a complete 8-bit codec to 
examine the effect of altering the sampling 
frequency. The results obtained both with and 
without a sample-and-hold circuit in the ADC unit 
are given in Fig. 14. This figure shows that with no 
sample-and-hold circuit, the sampling frequency 
had comparatively little effect on the signal/noise 
measurements apart from a significant increase for 
frequencies very close to 13.3 MHz i.e. near 3/ sc 
where / sc = colour subcarrier frequency. 

A second feature of the results shown in Fig. 
14 is that the addition of the sample and hold 
circuit gave significantly higher signal/noise ratios 
at all sampling frequencies except those close to 
3/j L .. However, vectorscope displays of the output 
signal from the codec showed that the apparent 
absence of any improvement in coding accuracy 
resulting from the use of a sample and hold circuit 
for sampling frequencies near 3/ sc is misleading. 
With an input video signal containing 180 LSB 
pk-pk colour subcarrier, changes in the phase of 
3/, c sampling relative to the colour subcarrier 
caused the amplitude of the output colour subcar- 
rier to change by 2 to 3% pk-pk with no sample 
and hold circuit but by only about 1% pk-pk with 
the sample and hold circuit in use. Similarly 
changes in phase in the output colour subcarrier 
were reduced from at least 1' pk-pk to about 0.5' 
pk pk. 

The reason why some forms of quantising 
inaccuracy are not revealed by signal/noise mea- 
surements using a sampling frequency which is an 
integer multiple of the video test frequency con- 
cerns the spectrum of quantising errors as dis- 
cussed below. 

Fig. 15 shows the spectrum of the quantising 
noise obtained from one codec with sampling at 
12 MHz for two different amplitudes of the sub- 
carrier in the test signal. For this Figure, the ADC 
unit did nol contain a sample-and-hold circuit. It 
can be seen that the spectrum obtained with a low 
subcarrier amplitude of 30 LSB pk pk was virtu- 
ally random and flat over the measured frequency 
range, but an increase of the amplitude to 140 LSB 
caused the addition of significant peaks into the 
spectrum. Since the fundamental quantising noise 
given by an ideal codec should become more 
random as the amplitude of the subcarrier is 
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(a) Amplitude of subcarrier = 30 LSB pk-pk. 
lb) Amplitude of subcarrier = 140 LSB pk-pk. 




0MHz 



3MHz 



0MHz 



3MHz 



Fig. 15— Spectrum of quantising noise generated by one codec processing video signals containing different 
magnitudes of colour subcarrier. Coding parameters; 8 bits/sample, 12 MHz sampling frequency. Noise 

measurement bandwidth: 0.25 MHz— 3 MHz. 

Horiz. scale:- Markers at 1 MHz intervals. Vert, scale:- Linearly related to signal magnitude. 



increased, the results shown in Fig. 15 indicate that 
the peaks obtained at the higher subcarrier ampli- 
tude were caused by instrumental deficiencies in the 
codec rather than by fundamental quantising 
errors. 

Analysis of the frequency of the spectral peaks 
appearing in Fig. 15(b) has shown that they are 
given by frequencies of the form nf s ± m/ sg where / s 
is the sampling frequency, f m is the colour sub- 
carrier frequency and n and m are integers. 
Frequency components of this form would be given 
by non-linear distortion in the codec such as 
mistiming of the sampling instants depending on 
the rate of change of the video signal or slope- 
overload distortion in DAC circuits handling the 
analogue video signal before alias components are 
removed by the output video low-pass filter. 

When_£ is close to an integer multiple of/ sc , it 
can be seen that the frequencies of the main peaks, 
which are given by small values of n and m, also 
occur close to integer multiples of/ sc . It follows 
that, for sampling close to 3/ sc , the frequencies of 
the most significant instrumental quantising errors 
were close to 0. f sc , 2f iC etc. and therefore these 
errors were rejected by the 0.25 to 3 MHz band- 
pass filter employed in the noise meter. This 
rejection explains the misleadingly high 
signal/noise ratios shown in Fig. 14 for sampling 
frequencies near 3/^. For measuring video codecs 
situated in equipment having a sampling frequency 
which is necessarily locked to f se , a video test 
frequency other than^ c could be employed. A test 
frequency of about 5.5 MHz would have an 
advantage compared to f^ for general use in that 
quantising noise could then be measured in a 
bandwidth extending from low frequencies, e.g. 
0.25 MHz, up to 5 MHz as in normal analogue 



signal/noise measurements. 

Note that the above discussions indicate that 
any distinct unwanted beat patterns, introduced 
into large plain coloured areas of a display of a 
composite signal as a result of p. cm. coding using 
8 or more bits per sample and with sampling not 
locked to the colour subcarrier, are almost cer- 
tainly caused by instrumental deficiencies in the 
codec rather than by fundamental quantising 
errors. 

In tests on codecs in tandem using the test 
signal shown in Fig. 11, the noise power increased 
in the same manner as for random noise, i.e. it 
increased by 3dB when the number of codecs was 
doubled ; this is shown by the results given in Fig. 

16. However, when the test signal was changed to a 
1 kHz sinusoidal waveform, the signal/noise ratio 
for eight codecs in tandem was only about 7dB 
lower than for one codec as compared to the 9dB 
decrease obtained with the colour subcarrier test 
signal. 

5.2. Linearity measurements 

The response of eight codecs in tandem to a 
line-frequency sawtooth waveform is shown in Fig. 

17. It can be seen that there is a noticeable 
curvature in the output waveform which cor- 
responds to a maximum error of about 2 LSB 
compared to a straight line drawn through the 
points where the sawtooth crosses quantum levels 
64 and 204 i.e. black and white levels respectively. 
This curvature produced noticeable differences in 
the brightness of displays of the input and output 
signals at mid-grey levels of normal pictures when 
the black and white brightness of the two displays 
were adjusted to be as similar as possible. 
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3 4 5 6 7 8 
number of codecs in tandem 

Fig. 16 — Signal-to-quantising-noise ratio versus 
number of codecs in tandem for 4.43 MHz video 
signal. Coding parameters: 8 bits/sample. 12 MHz 
sampling frequency. Noise measurement bandwidth : 
WkHz-SMHz 

Theorectical S/N ratio. 

Measured S/N ratios: 

o a o 60 LSB pk-pk 4.43 MHz signal 

x x X 200 LSB pk-pk 4.43 MHz signal 

5.3. Differential phase and gain measurements 

These distortions were measured with a vec- 
torscope using a 700 mV (black to white) sawtooth 
with 280 mV pk to pk of added colour subcarrier as 
the test signal. 




Fig. 17 — Response of 8 codecs in tandem to a line- 
sawtooth video signal extending between quantum 
levels 64 and 204. Upper waveform given by input 
signal. Lower waveform given by output signal 

The results obtained for one and eight codecs 
with sampling at 12 MHz and 8 bits per sample are 
shown in Fig. 18. These results show that there was 
a certain amount of coherence between the dif- 
ferential gain and phase distortions in each codec. 
Note, also, that the differential gain distortion for 8 
codecs corresponds to a change in gain of about 
1% per codec between black and white levels; this 
agrees with the change in gain given for low- 
frequency video signals in Section 5.2. 

In order to find out whether the analogue 
video circuits introduced significant distortions, a 





Fig. 18 — Differential gain and phase re- 
sponses of one and eight codecs. Video 
test signal: 280 mV (56 LSB) pk-pk 
colour subcarrier added to 700 mV 
(140 LSB) pk-pk line sawtooth signal. 
Coding parameters: 8 bits per sample, 
12 MHz sampling frequency 




(a) Differential gain — 1 codec. 
(bl Differential gain — 8 codecs. 

(c) Differential phase — 1 codec. 

(d) Differential phase — 8 codecs. 



measurement was made on one codec with the 
ADC and DAC chips removed and with the video 
drive to the ADC chip connected to the DAC chip 
output via a potentiometer. Under these con- 
ditions, the distortions were too small to be 
measured accurately, being less than 0.20 phase 
and 0.4% amplitude. 

The effect of test parameters on differential 
gain measurements is discussed in the Appendix, 
Section 1J.4. 



6. Subjective tests 

6.1 . Test procedure 

A block diagram of the equipment used in the 
tests is shown in Fig. 19. 

Composite PAL video signals were displayed 
on a 56 cm (22 in) colour monitor via a professional 
PAL delay-line decoder. Monochrome signals were 
displayed on a 48cm (19in) monochrome monitor. 

The video input signals were obtained from (a) 



a 35 mm colour slide scanner and (b) a Philips 
electronic test card generator. Type PM5544. The 
horizontal aperture correction of the slide scanner 
was adjusted to give a flat response when scanning 
an EBU zone plate slide. The slides used in the 
main subjective tests consisted of four EBU test 
slides referred to as "Formal Pond", "Girl with 
Toys", "Toys against a Dark Board" and "Boats 
with Lighthouse". Monochrome versions of these 
slides are shown in Fig. 20. A monochrome 
alphanumeric caption slide was also used in later 
subsidiary tests. 

Monochrome pictures were obtained by switc- 
hing off the colour subcarrier to the source PAL 
coder. This coder did not include a colour 
subcarrier notch filter in its luminance channel. 

Moving pictures were obtained by means of a 
device fitted to the slide scanner which moved the 
scanning raster from side to side in a sinusoidal 
manner with a period of about 6 seconds and a 
peak-to-peak amplitude of about 10% of the line- 
scan width. 

As indicated in Fig. 19. the sampling instants 
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Fig. 19 Block diagram of equipment used for (he subjective tests 
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(a) Forma! pond 



(b) Toys against a dark board (Blackboard) 





(c) Boats with Lighthouse 



(dl Girl with toys 





Fig. 20 — Monochrome versions of pictures used in the subjective tests 



in all eight codecs were defined using a common 
clock generator, but the timing of sampling relative 
to the video signal in different codecs varied as a 
result of delays in the video path, introduced 
mainly by the video low-pass filters. 

In the A/D converters, the black level of 
monochrome and composite PAL video signals 
was clamped to quantum level 64 and white level 
was set to quantum level 204. 

The clamp circuits in each ADC unit had a 

time constant of 30 line-periods (see Section 4). 

In the subjective tests, the input signal to the 
codecs was compared with the output signal 
obtained either from one codec containing "6dB" 
filters or from eight codecs, four of which con- 
tained "6dB" filters, the other four having "12dB" 
filters. (See Section 2.) The reason for performing 
tests on one codec using the "6dB" filters was to 
examine the worst possible condition for alias 
components. (See Section 2.) The signal from eight 
codecs provided the maximum possible degrad- 



ation for all other forms of signal distortion. 

For any one test condition, the input and 
output signals were compared using a picture 
sequence provided by "Signal A for 10 seconds", 
''Signal B for 10 seconds", "Signal A for 10 
seconds". "Signal B for 10 seconds" with about 2 
seconds of a mid-grey video signal between each 
change. One of the signals A and B was always the 
input signal, the other being an output signal. 
Picture quality was judged using the CCIR com- 
parison scale: 



A much better than B 

A better than B 

A slightly better than B 

A the same as B 

A slightly worse than B 

A worse than B 

A much worse than B 



Grade 
+ 3 
+ 2 
+ 1 

-1 
-2 
-3 



In addition, the observers were asked to 
indicate the types of picture impairment that they 
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thought was worse in one picture compared to the 
other, for grades other than "0", using the 
following list: 

(a) Aliasing 

(b) Ringing on chrominance edges 

(c) Ringing on luminance edges 

(d) Loss of definition 
-(e) Noise 

(f ) Beat patterns in plain coloured areas 

(g) Other impairments 

The tests were carried out under CCIR Rec 
500 viewing conditions using experienced, technical 
observers seated at four times picture height. 

6.2. Results of tests 

A summary of the results obtained for the 
mean grades obtained for various test conditions is 
shown in Table 1. This table gives the mean of the 
results obtained with the four slide pictures and the 
electronic test card for stationary pictures; for 
moving pictures, only the four slide pictures were 
used. 

In Table 1, a positive mean grade indicates 
that the test picture was graded worse than the 
reference picture. 

The mean grades obtained for individual 
pictures are shown in Fig. 2 1 . 

Additional tests on one codec with "6dB" 
filters using a monochrome caption slide gave very 
similar results to those given above, the mean 
grades obtained being 0.00 and 0.09 for the moving 
and stationary conditions. 

The results shown in Table I indicate that the 
picture impairment introduced by one codec was 
negligible for all the tests conditions but. after eight 
codecs, there was a very small but statistically 



significant worsening of the picture quality. 

An analysis of the causes of impairment which 
observers were asked to note in addition to grading 
the overall picture quality is given in Table 2. This 
table gives the mean grade of individual impair- 
ments calculated using the scale given below in 
which "lnd. Imp." is an abbreviation for 
"Individual Impairment", e.g. aliasing or noise. 

Grade 
"lnd. Imp." on output voted worse 
than on input 4- 1 

No observed difference in "lnd. 
Imp." between input and output 

"lnd. Imp." on input voted worse 
than on output — 1 

In addition to mean grades, Table 2 also gives 
the standard error <t„ of the mean grades obtained 
for "noise" and "loss of definition", the standard 
errors for each of the remaining mean grades being 
all less than 0.03. 

The only forms of impairment of any signific- 
ance in Table 2 are "noise" and "loss of definition" 
after eight codecs. The mean grades for these two 
forms of impairment on individual slides are given 
in Fig. 22. 

It should be noted that factors other than a 
loss of high-frequency video components may have 
been mainly responsible for apparent loss of 
definition after 8 codecs. Informal discussions with 
observers after the tests had been completed 
indicated that in some cases the loss of definition 
was still visible at considerably greater viewing 
distances than would be expected had the loss of 
definition resulted solely from the attenuation of 
frequency components above 5 MHz shown in Fig. 
2. Alternative reasons for the apparent loss of 
definition are as follows: 

(a) It may have been confused with a loss of 



Table 1 — Summary of overall grades given by subjective tests using 7-point impairment scale 





Colour 


Monochrome 


Stationary 


Moving 


Stationary 


Moving 


No. of codecs 


1 


8 


1 


1 


8 


1 


Mean grade 
No. of observers 


0.10 

0.06 

20 


0.25 

0.10 

12 


-0.14 
0.09 
11 


0.00 
0.06 

20 


0.50 

0.11 
12 


0.05 

0.06 

II 



tcr n = Mandard error of mean grade obtained from n voles where n = (no ol observers} x (no. of slides) 
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Table 2 — Mean grades of individual impairments using 3-poini comparison scale 







Colour 






Monochrome 




Impairment 


Stationary 


Moving 


Static 


inary 
8 Codecs 


Moving 




1 Codec 


8 Codecs 


1 Codec 


I Codec 


1 Codec 



Aliasing 


0.04 


0.01 


-0.02 


-0.02 


-0.01 


Chrom. ringing 


-0.01 


0.02 














Lum. ringing 


-0.01 


-0.03 


-0.02 


-0.01 


-0.01 





Loss of definition 


0.03 


0.09 


-0.05 





0.16 


0.05 


Noise 





0.05 





0.02 


0.25 





Chrom. beat patterns 


0.01 


0.01 














Others or not stated 





0.02 





0.02 


0.03 



0.05 


a n Loss of definition 


0.04 


0.03 


0.05 


0.05 


0.04 


<7 n Noise 





0.03 





0.02 

.. __ __ .. 


0.06 






contrast resulting from the overall non-linearity of 
the output signal from eight codecs shown in Fig. 
17. This non-linearity increased the brightness of 
intermediate grey levels in the output picture 
relative to the input picture. (The brightness of the 
input and output pictures were adjusted to be the 
same at black and white video levels.) 

(b) It may have been partly caused by a slight 
attenuation of video frequency components over 
most of the wanted passband relative to the very 
low frequency components whose amplitudes were 
used in setting the video levels for the tests. The 
existence of this form of frequency characteristic is 
indicated by the slope on the bar of the pulse and 
bar waveform shown in Fig. 4. 

It is a fact that the combinations of effects (a) 
and (b) produced much more obvious differences 
between oscilloscope waveforms given by the input 
and output signals of eight codecs than differences 
caused by attenuation of video components above 
5 MHz. 

Further discussions of the results of the 
subjective tests are given in Section 7. 

6.3. Effect of noise in the video input signals 

In informal tests with video signals containing 
more noise than the signals used in the formal 
subjective tests, the difference between the input 
and output pictures was more obvious than in the 
formal subjective tests. Previous work concerning 
the visibility of varying amounts of noise in 
television displays 6,7 indicates that the most ob- 
vious difference between the input and output 
signals of eight codecs is likely to occur when the 



signal-to-noise ratio of the input signal is about the 
same as that given by the eight codecs alone i.e. 
about 44dB unweighted. The resulting change of 
signal-lo-noise ratio from 44 dB to 41 dB between 
the input and output signals should be just 
perceptible to most viewers. 



7. Discussion of coding parameters and in- 
strumental accuracy required for video 
codecs handling 5.5 MHz composite video 
signals 

7.1 . Bits per sample 

The results of the subjective tests showed that 
if 8 bits per sample are used to digitally encode 
video signals whose black and white video levels 
are set relative to the conversion range in an 
appropriate manner for coding composite colour 
video signals, i.e. at quantum levels 64 and 204, 
then the visibility of the quantising noise obtained 
on normal pictures after eight codecs in tandem is 
close to the threshold of perception, being virtually 
undetected by the observers in tests on colour 
pictures but noted by about 25% of observers on 
monochrome pictures. This result was about the 
same as would be expected from the measured 
values of signal-to-quantising-noise ratio (about 
44 dB after eight codecs) assuming that a given 
quantising-noise power has the same visibility as 
the same power of random Gaussian noise 67 . 

The effects of 8-bit quantising were more 
obvious, however, on critical test signals such as a 
low-slope line-sawtooth waveform. With these 
critical signals, in addition to "contouring'" effects 
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Fig. 21 — Mean grading of overall impairment for individual slides using 7 -point comparison scale 



Wy 



codec — stationary pictures. 



1 codec — moving pictures. 



8 codecs — stationary pictures. 



visible after 1 codec, an even more disturbing 
impairment could be seen after several codecs in 
tandem. This additional impairment was similar in 
appearance to clamp streaking noise, and resulted 
from random variations in the contouring on 
successive pictures. (See Section 3.) Similar effects 
could also be seen during the fading to black level 
of less critical signals. The visibility of these 
"contouring" forms of impairment were signific- 
antly reduced but not made imperceptible by the 
addition of a half-sampling frequency dither signal 
in each codec 3 . 

Considering that the use of relatively large 
numbers of codecs in tandem is not uncommon in 



current broadcast television chains and that an 
allowance should be made for other noise sources 
in these chains, the results given above indicate that 
9 bits per sample are required for encoding 
composite colour video signals if quantising errors 
are to have no perceptible effect on the broadcast 
picture quality during the period in which televi- 
sion networks contain a mixture of analogue and 
digital equipment. If codecs are employed with 
only 8 bits per sample, it is very desirable that a 
half sampling frequency dither signal should be 
added to the video signal prior to digital encoding; 
even for 9 bits per sample, dither of this form 
would provide a beneficial effect on very critical 
pictures. 
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Fig. 22 — Mean grading of "noise" and "loss of definition" vn individual slides using 3-point grading scale 
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| Tests on 1 codec, colour pictures, 
Tests on 1 codec, monochrome pictures. 
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Tests on 8 codecs, colour pictures. 
Tests on 8 codecs, monochrome pictures. 



The number of bits per sample required for the 
luminance component of a YUV video signal is 
considered in Section 8. 

7.2. Sampling frequency 

In the formal subjective tests, picture impair- 
ments resulting from the closeness of the 12 MHz 
sampling frequency to the Nyquist limit for 
5.5 MHz PAL or monochrome video signals were 
found to be virtually imperceptible on normal 
pictures after one or eight codecs in tandem. On 
critical test signals, however, high frequency video 
components were noticeably impaired by the effects 
of amplitude and/or group delay errors in the filters 



employed in the codecs and/or by the effects of 
alias components generated by the 1 2 MHz samp- 
ling process. (See Section 2.) 

Scaling of the characteristics of the filters 
discussed in this Report indicated that a sampling 
frequency of about 12.7 MHz is required if aliasing 
impairment is to be eliminated and at the same 
time, flat amplitude and group delay frequency 
responses are to be maintained up to 5.5 MHz. 
There are, of course, other factors to be considered 
in the determination of the most suitable sampling 
frequency for the digital coding of video signals. 
These other factors include the desirability of 
locking to line or colour-subcarrier frequencies and 
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the ease of performing digital filtering operations. 

With regard to the relative advantages of line- 
locking and subcarrier-locking, it has quite com- 
monly been found that subcarrier-locking minim- 
ises beat patterning effects in plain coloured areas 
of a picture obtained from a codec handling 
composite colour video signals. However, the 
measurements discussed in Section 5.1 have shown 
that, if 8 or more bits per sample are employed, 
then visible beat patterns obtained at any sampling 
frequency are probably caused by instrumental 
deficiencies in codecs. The codecs employed in the 
tests were sufficiently accurate for beat patterning 
impairment to have a negligible effect on the 
normal pictures obtained from eight codecs em- 
ploying a line-locked sampling frequency of 
12 MHz. 

On critical test signals however, e.g. a full- 
screen 100% colour bar display, beat patterns were 
visible but not unduly disturbing after 8 codecs 
with sampling at 12MHz. On the other hand, it is 
quite possible that this impairment would have 
been virtually eliminated by the addition of the 
sample and hold circuit to the ADC discussed in 
Section 5.1. 

7.3. Frequency responses of codecs 

Practical work on the codecs indicated that 
one of the main factors limiting the number of 
codecs which can be connected in tandem in a 
broadcasting network without causing significant 
picture impairment is likely to be non-flatness of 
their video pass-band frequency characteristics 
resulting from difficulties in aligning individual 
codecs with sufficient accuracy. These difficulties 
apply particularly to the video low-pass filters 
required in codecs. 

A desirable specification for the pass-band 
frequency characteristics of one complete codec 
handling 5.5 MHz video signals, based on ex- 
perience of the best that can be achieved in 
practice, is as follows: 

The ripple in the amplitude and group delay 
frequency responses should be contained within an 
envelope whose magnitude increases linearly from 
zero at DC to + 0.05dB and ±5nsec at 5 MHz 
respectively; for the frequency range 5.0 to 
5.5 MHz, the errors may increase to ±0.1 dB and 
±10nsec. In addition, where composite PAL 
colour video signals are being encoded, particular 
attention should be given to errors at colour 
subcarrier relative to 0MHz and it appears to be 
reasonable to restrict these errors to within ± 



0.02 dB and ±2nsec. The achievement of. the 
above specification may be made easier if the ADC 
and DAC filters are designed to have slightly 
different pass-band characteristics so that some 
cancellation of the errors in the two filters can be 
obtained. 

For the codecs discussed in this report, using 
filters designed for 12 MHz sampling, the frequency 
response was maintained reasonably close to the 
specified limits up to a video frequency of 5.2 MHz. 
The most significant departures from these limits 
occurred at frequencies below about 0.25 MHz as 
indicated by the slope on the bar waveform shown 
in Fig. 4<d). 

Considering that multiple codecs in tandem 
cause less aliasing impairment than a single codec, 
the subjective tests results for a single codec 
indicate that filter attenuations at half sampling 
frequency of 12 dB before A/D conversion (6dB in 
the source and 6dB in the ADC unit) and 6dB 
after D/A conversion are sufficient to reduce alias 
components generated by video components near 
half sampling frequency to a negligible level after 
any number of codecs in tandem. However, 
informal tests indicated that about !2dB is de- 
sirable after D/A conversion with critical test 
signals e.g. a "zone plate" signal. Unless excess- 
ively high sampling frequencies are employed, an 
attenuation much greater than 12dB either before 
A/D conversion or after D/A conversion is likely to 
result in undesirable frequency response errors 
within the video pass-band and /or unnecessary 
filter complexity. 

A notable feature of aliasing impairment 
obtained with video components close to half 
sampling frequency is that it decreases as the 
number of codecs increases and in addition it will 
normally be substantially removed by the filters 
employed in current broadcast transmitters. 

A stop-band attenuation in each filter of 45 dB 
appears to be sufficient to ensure negligible picture 
impairment from alias components other than 
those lying close to half sampling frequency. 

For to 5.5 MHz bandwidth video signals 
sampled at a frequency / s MHz, the stop-band of 
the filters should extend down to at least 
y 5 -5.5MHz. 

Although the requirements of the ADC and 
DAC filters in the stop-band are somewhat dif- 
ferent, after allowing for filtering which occurs in 
other parts of a broadcast television chain, there 
does not seem to be any good reason for using 
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different stop-band attenuations for the two types 
of filter. 

7.4. Accuracy of codecs 

The tests discussed in this Report showed that 
the quantising accuracy of broadcast-quality video 
codecs should not depart significantly from an 
ideal performance in several different respects. 
Satisfactory tolerances are given below. 

Firstly, the quantising noise generated by 
video codecs employing 8 bits per sample should 
not be more than 2dB in excess of the noise 
generated by an ideal codec for all possible video 
input signals. The results given in Section 5.1 
indicate that the codecs used in the subjective tests 
just fulfilled this requirement for the encoding of 
low-frequency video signals but improvements, 
such as the addition of a sample and hold circuit in 
the ADC, were required for encoding high- 
frequency, high amplitude video signals. 

A video test signal which consists of colour 
subcarrier added to a line-sawtooth video signal is 
very satisfactory in most respects for noise mea- 
surements. Useful information is obtained by 
measuring the noise obtained with both low and 
high amplitudes of the colour subcarrier; a peak- 
to-peak amplitude equal to one half the full 
conversion range would be a reasonable comprom- 
ise for a single standard test waveform. This test 
signal is not suitable, however, if the sampling 
frequency is an integer multiple of the colour 
subcarrier frequency. (See Section 5.1.) 

Secondly, timing jitter in the clock pulses fed 
to ADC and DAC units should not exceed about 
0.2nsec pk-pk. The magnitude of the noise 
introduced into video signals by this timing jitter is 
directly proportional to the amplitude and 
frequency of variations in the video signals and is 
therefore most likely to be noticeable when a high- 
amplitude, colour subcarrier signal is being digit- 
ally encoded. The effect of clock timing on 
signal/noise measurements is discussed in Sections 
5.1 and 11.3. The amount of jitter in the clock 
pulses supplied to the codecs used in the subjective 
tests was insignificant. 

Thirdly, the overall "luminance non-linearity" 
of the quantising characteristic should be kept 
within narrow limits. This form of signal distortion 
cannot be measured satisfactorily by means of 
signal/noise measurements. A better measurement 
technique involves the subtraction of the input and 
output signals of a codec when a linear ramp signal 
is applied. For satisfactory performance, the mean 



value of the difference signal (averaged over about 
10 quantum levels) should not vary from zero by 
more than + 0.2 LSB (8 bit) when the subtractor is 
adjusted so that the mean value of the difference 
signal is zero for black and white video levels. The 
overall luminance non-linearity of the codecs 
discussed in this report was slightly greater than 
these specified limits. (See Fig. 17 and Section 6.2.) 
Unfortunately, accurate measurement of small but 
possibly significant non-linearities in a single codec 
requires a linear ramp video signal which has a 
lower slope than a line-frequency ramp waveform 
in order to provide sufficient samples between 8-bit 
quantum levels at normal video sampling rates. 

Fourthly, the differential phase and gain 
errors caused by instrumental deficiencies in a 
video codec should not exceed 0.5° and 1% pk-pk. 
These values apply to a standard level (IV) video 
test signal containing colour subcarrier of magni- 
tude 280 mV pk pk, corresponding to 56 LSB 
pk-pk for 8-bit quantisation. Further details of 
differential phase and gain measurements are given 
in Sections 5.3 and 11.4. The codecs discussed in 
this Report had a reasonably satisfactory differen- 
tial phase and gain performance. 

7.5. Clamp circuitry 

It has been found that cascading of the clamp 
circuits required in video ADC units can cause very 
noticeable clamp streaking effects on the output 
picture from eight codecs in tandem if no pre- 
cautions are taken in this respect. Further details 
are given in Section 4. 



8. Application of test results to p.c.m. 
coding of YUV component video signals 

This Section discusses the applicability of the 
results given in this Report to the picture quality 
obtained after p.c.m. coding of YUV component 
video signals using 8 bits per sample and 13.5, 6.75, 
6.75 MHz sampling frequencies as recently recom- 
mended by the CCIR. 

Firstly, the results give virtually no inform- 
ation concerning p.c.m. coding of the U and V 
colour-difference components and all further dis- 
cussion will be limited to the luminance, Y, 
component. 

Regarding the choice of sampling frequency 
for the luminance component, the combined results 
of the objective measurements and subjective tests 
indicate that 13.5 MHz is sufficiently high to 
eliminate any visible picture impairment resulting 
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from the sampling processes and filtering in up to 
eight codecs in tandem (see Section 7.2). 

Factors concerning differences in the number 
of bits per sample required for luminance signals 
compared to the number required for composite 
video signals are as follows: 

The absence of a colour subcarrier in the 
luminance signals allows an increase in the number 
of quantum levels between black and white video 
levels; the EBU are currently proposing that these 
levels should be at 8-bit quantum levels 16 and 235 
respectively, as opposed to levels 64 and 204 for 
composite signals. As a result, the signal to 
quantising noise ratio for luminance signals should 
be about 4dB greater than that obtained for 
composite video signals. In addition, since "com- 
ponent" codecs will probably be introduced in a 
more organised manner than composite codecs it is 
unlikely that the number of "component" codecs 
connected in tandem will ever be very large. For 
these reasons, it has been concluded that the use of 
8 bits per sample in codecs handling "component" 
video signals should be sufficient to avoid any 
perceptible quantising impairment on normal pic- 
tures; any residual impairment on critical test 
signals should be substantially eliminated by the 
addition of a half-sampling-frequency dither signal. 

Ft should be noted, however, that in addition 
to quantising noise generated in video codecs, 
further quantising noise can be introduced by 
rounding errors in digital processing operations. 
Considering that in a future all-digital studio there 
will be many occasions on which digital rounding 
operations are required, it would appear to be 
desirable to minimise quantising noise by employ- 
ing at least 9 bits per sample in interconnections 
between separate digital equipments within televi- 
sion studios. 

The frequency response characteristics sug- 
gested in Section 7.3 are appropriate to 13.5 MHz 
sampling. This frequency is sufficiently high to 
allow an attenuation of 12 to 15 dB at 6.75 MHz 
(half sampling frequency) without adversely affect- 
ing the pass-band rexponse below 5.5 MHz using 
filters of reasonable instrumental complexity. 



9. Conclusions 

This Report has described both objective 
measurements and subjective tests carried out to 
examine the performance of up to eight video 
codecs in tandem handling System I (PAL, 625/50, 
5.5 MHz) video signals. 



The subjective tests showed that the impair- 
ments introduced into 5.5 MHz video signals by up 
to eight well-designed codecs in tandem employing 
8 bits per sample and a line-locked sampling 
frequency of 12 MHz are difficult to detect on most 
types of picture. The mean grading of the output 
picture from eight codecs was 0.25 and 0.50 grades 
worse than the input picture for composite PAL 
colour and monochrome signals respectively, the 
most noticeable impairment arising through the 
accumulation of noise. On critical test signals, 
however, picture impairments resulting from the 
closeness of 12 MHz to the Nyquist limit and from 
the use of only eight bits per sample were clearly 
perceptible. 

Detailed comments and conclusions regarding 
the accuracy of codecs and coding parameters are 
given in Section 7 for composite colour signals and 
in Section 8 for the luminance component of a 
YUV signal. The main conclusions given in these 
Sections are that, if video codecs are to have no 
perceptible effect on broadcast picture quality, 
then: 

(a) 9 bits per sample should be used for composite 
colour video signals but 8 bits per sample 
should be sufficient for the luminance com- 
ponent of a YUV signal. 

(b) the sampling frequency employed for com- 
posite colour signals or the luminance com- 
ponent of a YUV signal should not be less than 
about 12.7 MHz. 

(c) for the ADC and DAC video low-pass filters, 
the optimum attenuation at half sampling 
frequency is about 12dB. Inaccuracies in the 
low-frequency response of these filters is one of 
the most likely causes of noticeable picture 
impairment on normal pictures after 8 codecs 
in tandem. 

(d) the instrumental accuracy of 8-bit video codecs 
should be such that the quantising noise 
produced is not more than 2dB greater than 
the quantising noise given by an ideal codec. 

(e) a half-sampling frequency dither signal should 
be added to the video signal in each video ADC 
unit. 
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11. Appendix 



signal is identical in each codec so that all 
components generated at frequencies/ and / —/in 
successive codecs are in the same phase as existing 
components at these frequencies, then the magni- 
tudes of these components after "«" codecs are 
given by 



Magnitude of component/ 

A(/) = K 2 (K 2 + k 2 r-' 
Magnitude of component/ — /, 

A(/-/) = kK(K 2 + k 2 )"- 1 



0) 



■(2) 



The magnitudes of these two components will 
be less if the phase of new components generated 
by the sampling process at these frequencies is 
different from the phase of existing components at 
these frequencies. 

It can be seen that the magnitude of both 
components will decrease as n increases if 
K 2 +k 2 <i, but the ratio of A(/)/A(/ -/) 
remains constant at K/k. 

If/ = / — /=//2, then K = k and the magni- 
tude of both components decreases as n increases if 
K < 1,'v 2. i.e. if filters have an attenuation greater 
than 3dB at half sampling frequency. 



11 .1 . Attenuation of wanted and alias components 
after "n" codecs in tandem 

This Appendix gives the amplitudes of a 
"wanted" video componentt at frequency/and the 
corresponding alias component at frequency/ — / 
after 'V codecs in tandem, each using sampling 
frequency / and with input and output filters 
having the amplitude characteristic shown in Fig. 
23. 

If the phase of sampling relative to the video 



11 .2. Theoretical signal-to-noise ratio of codecs 

For a perfect linear quantiser with a random 
input signal, the ratio of the maximum peak-to- 
peak voltage handled by the quantiser to the r.m.s. 
value of the quantising noise is equal to 
(6.02/7 + 10.8) dB where n is the number of bits in 
the binary number giving the total number of 
quantising levels 8 . 

In order to derive the signal-to-quantising- 
noise of video codecs, several additional factors 
have to be considered. 
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Fig. 23 — Amplitude versus frequency response of 
fillers 



tie u component present in a video signal at the input 10 the first 
codec. 



Firstly, in video signal-to-noise ratio measure- 
ments, the magnitude of the reference signal is 
taken to be the voltage difference between black 
and white video levels, usually 0.7 V. For the 
measurements discussed in this report, this re- 
ference signal was 140 LSB (8-bit) i.e. 5.2 dB less 
than the maximum peak-to-peak voltage handled 
by the quantiser. Allowance for this reduced 
reference signal gives a video signal-to-noise ratio 
of (6.02k + 5.6) dB. 

Secondly, noise bandwidths have to be con- 
sidered. The signal-to-noise ratios given above 
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apply to the quantising noise in a frequency range 
from DC up to fJ2 where / s is the sampling 
frequency. In video noise measurements, the noise 
is restricted to a given bandwidth f B where f B is 
normally equal to 5 MHz for System I video 
signals. Assuming the quantising noise has a flat 
spectrum up to one half sampling frequency (see 
Section 5. 1) this bandwidth reduction increases the 
measured signal-to-quantising-noise ratio by 
101og ]0 (/ s /2/ B ). 

Thirdly, assuming there is no correlation 
between the quantising noise signals generated in 
separate codecs, the quantising noise power ob- 
tained from n codecs in tandem is equal to n times 
the noise power obtained from one codec, i.e. the 
signal-to-noise from n codecs in tandem is 
lOlogi^ndB lower than the signal-to-noise ratio of 
one codec. 

Thus the video signal to r.m.s. quantising 
noise ratio of n ideal codecs in tandem is given by 

S/N ratio = 6.02n + 5.6+ 10 log, of/^/snJdB (3) 

assuming that the black-to-white video magnitude 
is equal to 140 LSB (8-bit). 

H the bandwidth of the noise meter / m is less 
than the specified bandwidth / n for signal/noise 
measurements, then the measured signal/noise 
ratio of ideal codecs would be 10log| (/ m //B)dB 
greater than values calculated from Eqn (3). 

11.3. Effect of clock timing jitter 

During measurements on a 1 0-bit DAC unit 
(see Section 5.1), it was found that a very small 
amount of timing jitter in the clock pulses supplied 
to the DAC (or ADC) unit caused a significant 
increase in the quantising noise when high- 
amplitude, high-frequency video signals were 
passed through a video codec. A mathematical 
expression relating clock timing jitter to the 
magnitude of the noise introduced by this jitter is 
derived below. 

To simplify the calculations, it will be assumed 
that a given amount of jitter in the clock pulses 
supplied to ADC or DAC units causes an identical 
amount of jitter in the video signal given out by the 
DAC unit. Arguments of a non-mathematical 
nature indicate that this assumption is valid for any 
frequency of jitter in the clock pulses applied to the 
ADC unit, with no jitter at the DAC unit, and it is 
also valid for clock pulse jitter at the DAC unit, 
with no jitter at the ADC unit, providing the 
frequency components in this latter form of jitter 



are low compared to the mean clock frequency. 
Calculations concerning higher frequencies of 
DAC clock jitter are somewhat complex and have 
not been performed. Note that low-frequency clock 
jitter at the ADC unit is cancelled by identical jitter 
at the DAC unit assuming zero time delay in the 
data path between the ADC and DAC units. 

Consider a codec handling a sinusoidal video 
signal of amplitude A and frequency /. In the 
absence of clock jitter, the magnitude of the output 
signal at time ; is given by 



v(t) = A sin(27t/>) 



(4) 



For sinusoidal clock jitter of frequency /j and 
amplitude T, the instantaneous magnitude v(t) of 
the codec output can be obtained by replacing "/" 
in Eqn (4) by t + Ts\n(2nfjt) so that 



(/(/) = A sin[27t// + 2n/f sin(2ir/j0] 
= A sin(27t/ir)cos[2Tt/Tsin(27t/j7)] 
+ A cos(2tt.//) sin[27t/Tsin(27t/j ()] 



.(5) 



For the small amounts of jitter which might 
occur in broadcast-quality digital equipment, T 
should be much less than the period of any video 
signal components i.e. 

T<\lf .-.(6) 

and therefore 

cosf27t/Tsin(2it/j/)] =1 ... (7) 

sin[2jt/Tsin(27i/"j/)] = 2iE/Tsin(27t/j /) . . . (8) 

Applying Eqns (7) and (8) to Eqn (5) gives 

(.-'</) = A sin(27t//) + 2n/TA sin(2rt/ j /)cos(2rt//>. . (9) 

Thus the magnitude of the jitter noise v n (i) in 
the output from the codec is given by 



v n U) = v'(t) - lit) 

= 2nfTA sin(2n/"jf)cos(2it/>) 



(10) 



It can readily be shown that the r.m.s. value 
' v rm,. of v„(t) is given by 



N t . mA . = nfTA 



■(H) 



Similar calculations for jitter containing more 
than one frequency component show that Eqn (11) 
applies in the modified form 



/Vr.m.s. = V^rt/Xm.s./l 



.(12) 
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where T T m s . is the r.m.s. magnitude of the jitter 

As in calculations of quantising noise (see 
Section 11.2), it will be assumed that the noise 
caused by random clock jitter can be considered as 
being contained within the bandwidth to fJ2, 
where / s is the mean clock frequency, with a flat 
power spectrum over this frequency range 7 . Thus, 
if the bandwidth accepted by a meter measuring the 
noise caused jitter is equal to/ B . the measured jitter 
noise power JV;. m . s . is given by 



N' = 



fan 



^r. m .B. = 2^ 



Ik 



fT 



(13) 



11 .4. Effect of test parameters on differential 
gain measurements 

Calculations show that an ideal 8-bit video 
codec can introduce differential gain and phase 
errors of up to ±4.6% and ±2.6' when the 
magnitude of the colour subcarrier is 140mV 
pk-pk in a standard level (1 V pk-pk) video test 
signal 8 . (The maximum errors are halved for a 
280 raV colour subcarrier.) Although these errors 
are excessive for a single item of equipment, they 
are very misleading and are only obtained under 
special test conditions, i.e. with the noise-free test 
signals containing luminance levels which remain 
constant over a large number (say 10 or more) 
cycles of colour subcarrier and with sampling at an 



integer multiple of the subcarrier frequency, / sc . 
These conditions, which apply to waveform (a) in 
Fig. 24 but not the other waveforms, are not 
typical for normal pictures and give results which 
are not very informative regarding instrumental 
deficiencies in the codec being examined. 

With normal pictures, different "ideal" quan- 
tising errors are obtained during successive cycles 
of colour subcarrier due to the presence of noise 
and picture detail so that the effect of these 
quantising errors on the subcarrier phase and gain 
is similar to that of random noise and should be 
treated as such. 

In differential phase and gain measurements, 
"ideal" quantising errors can be randomised by 
employing a sawtooth rather than the normal 
staircase line-frequency test signal and/or by samp- 
ling at a frequency which is not locked to f sc . 
Instrumental coding errors, which are relevant to 
the performance of the codec, can then be dis- 
tinguished from "ideal" errors. This is illustrated in 
waveforms (b) to (f) of Fig. 24. The random 
variations in these waveforms similar to those 
which would be caused by Gaussian noise cor- 
respond to "ideal" quantising errors whereas the 
line-repetitive variations in the noise envelopes 
correspond to instrumental deficiencies in the 
codec. (The photographs in Fig. 24 are multi-line 
exposures.) 




« 







Fig 24 — Differential gain waveforms from one 

8-bit codec with sampling at 3f sc or 12 MHz 

using staircase and sawtooth line frequency 

video test signals. (Black-to-wbite magnitude 

= 700 mV) 



(a) 140 mV subcarrier on 6-step staircase. 3/~ sampling. (b| 140mV subcarrier on 6-step staircase. 12 MHz sampling, 
(c) 140 mV subcarrier on sawtooth. 3f sampling, (d) 140 mV subcarrier on sawtooth. 12 MHz sampling, 
(e) 230 mV subcarrier on sawtooth. Zf sampling, (f) 280 mV subcarrier on sawtooth. 12MHz sampling. 
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The results shown in Fig. 24 indicate that a It will be noticed that the percentage distor- 

sawtooth test signal is much superior to the normal tion decreases when the colour subcarrier magni- 

staircase test signal for measuring differential gain tude is increased from 140 mV to 280 mV. In the 

(and phase) in television equipment containing a author's opinion, the distortions obtained with 

p. cm. codec with sampling locked to j sc . The 280 mV probably give a better impression of 

sawtooth signal also gives a better idea of overall picture impairment than those obtained with 

instrumental phase and gain errors when the 140mV. 
sampling is not locked to/ sc . 
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